Abstract
Introduction
Discrete multi-tone (DBIT) is a multicarrier modulation method in which the available bandwidth of a communication channel, such as twisted-pair copper media, is divided into numerous subchannels or bins via a fast A guard period called the cyclic prefix (a copy of the last U samples of the DMT symbol) is inserted between DMT symboh to reduce inter-carrier interference (ICI) and inter-symbol interference (ISI). A channel impulse response (CIR) longer than v + 1 samples causes both IC1 and 1%. In An alternate receiver architecture 'is proposed in 1111. Since the traditional equalizer equalizes all subchannels "in a combined fashion," which may limit equalization performance, the authors of ill] propose to transfer the TEQ operations to the frequency domain by moving the TEQ into the FEQ. The combined TEQ-FE$ would yield a multi-tap FEQ structure in which each subchannel (tone) is separately equalized.
In this paper, we develop an SNR model based on desire to obtain a circularly couvolved data frame and the channel impulse response at the input of the demodulating FFT block and to include the effects of near-end crosstalk (NEXT), AWGN and the DNF. We arrive at the optimal time domain per tone TEQ filter bank (TEQFB) by employing Goertzel filters [12, 131 at the receiver during data transmission. We propose a method of assessing performance of TEQ design based on the performance of TEQFB. We show that TEQFB outperforms hIBR, hiin-IS1 and lest-squares (LS) PTE achieved bit rates.
The contributions of this paper are: ( 1 ) a new model for the signal-to-noise ratio at the FFT output that includes ISI, near-end crosstalk, white Gaussian noise, and t.he digital noise floor. where k E {0, . . . , f -1 ) . The received data contains the noise due to the ISI, ICI, AWGN, NEXT and DNF, and suffers from the effects of the channel. Now, we see the dependence of the received signal on the TEQ. The ideal received signal has no noise present and is "formatted" to fit the demodulation scheme. In the case of DAIT, this means that the received symbol has minimal noise present due to AWGN, NEXT, and IS1 and that the strength of the signal is much higher than the DNF. We can design the TEQ to process the received samples to optimize these goals.
Next, we will express the desired signal as a function of the TEQ taps. Ideally, after the TEQ, one would prefer to have mimicked a circular convolution of the signal and the channel impulse response using the cyclic prefix. The desired circular convolution of the ith symbol and the C.IR in the kth subchannel, after the TEQ and FFT, can be written as .,, hIaximizing the number of bits allocated in a single channel, bk(w), involves maximizing the argument of the log function, which is it single quadratic ratio. This is the well-known generalized eigenvalue problem [I 7) and the solution is the generalized eigenvector wEp corresponding to the largest generalized eigenvalue Ayt of (Ai,BL) where (.)r denotes the real part.
The number of bits per symbol with the optimal per-tone TEQ filter hank (TEQFB) with 1x1 TEQs is The FFT block can be implemented as a bank of Gcertzel filters (121 with each one computing a single point DFT. Data transmission computational complexity is higher than with the single TEQ. The equation (24) defines the upper bound on the achievable data rate.
The above discussion assumed that the TEQ s u b channel filters are of equal size A l for simplicity, however the member filters of TEQFB can have different sizes. In such TEQFB variant, the ISI-heavy subchannels may be given a longer subchannel TEQ, whereas the subchannels with low IS1 content may be given shorter subchannel TEQs. This approach is very expensive and not practical as the search area spans all subchannels and various sizes of TEQ filters.
Simulation Results
The simulation results compare the performance of the proposed TEQ design method with Min-ISI, AIBR and LS PTE initialized using the least-squares method. We use the eight standard downstream CSA loops [l] We measure the SNR in our simulations as it would be measured in a real ADSL DhlT system during modem initialization. During training, all subchannels are loaded with a randomly chosen two-hit constellation point at the transmitter. QAM decoding at the receiver compares the complex value received in a subchannel with the transmitted value so that SNR measurement can he derived from the power of the error averaged over 1000 symbols for any particular subchannel k . The SNR measurement equation is
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CSA loop a CSA loop 7 where S = 1000 symbols, X; is the transmitted 2-bit constellation data in the subchannel k in the zth symbol, k ' ; is the received data in the subchannel k in the zth symbol and 2 comes from the power of twebit constellation point at locations (*l. 41). The bit rates reported are calculated using the measured SNR (25) on subchannels 7-256, following the ADSL standard for lo-' BER and up to 15 hits allowed per subchannel.
Proposed TEQFB , hlin-ISI, hIBR and LS PTE d e sign methods are evaluated using this SNR measurement, which establishes a common testing platform. In Fig. 1 we show how the achieved bit rate varies with the change in the number of TEQ taps A I ranging from 2 to 32 for the CIRS containing CSA loop 2, 3 and 7. The bit rate grows significantly from 2 to 3 TEQ taps.
The upward slope is present with the further increase in the number of TEQ taps A f hut it is significantly moderated. Table 1 lists the data rate achieved with the proposed optimal TEQFB for the CIR including CSA loops 1-8. These data rates represent the maximum data rate that can he achieved as a function of TEQFB for the given signal and noise power levels.
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